3GPP TSG-CN1 Meeting #SIPadhoc0204
Tdoc N1-021050

Madrid, Spain, 23. – 25. April 2002
Source:
Siemens

Title:
Changing Request URI in 24.228 call flows to tel/sip URLs 

Agenda item:
7.7 - IMS Call Initiation

Document for:
APPROVAL

Introduction

This contribution proposes to change the request URIs in 24.228 to tel: and pure sip: URIs.

Discussion
As already discussed during several meetings and on the mailing list, the request URIs in 24.228 are currently not correct. It is assumed that user A tries to reach user B by dialling user B’s telephony number. UE A now is assumed to change the telephony number to a sip (!) scheme URI and to put user As (!) home network into the domain part of the URI. This should indicate that the home network of user A (scscf1.home1.net) is responsible to route the request to the right destination.

This is not the sip-conformant behaviour. If user A dials a telephony number, the UE should indicate this as a tel: URI. This is the first change that this contribution proposes. 

Additionally 24.228 shall take respect of the fact that in a SIP network usually SIP URIs should be used in order to address users. Therefore it is proposed that tel: URIs are only used for the non-hiding call flows. The hiding case call flows shall indicate SIP URIs in the form of sip:user2_public1@home2.net.

Proposal

It is proposed to change the INVITE Request URIs from UE A to the S-CSCF of the terminating network in the following way:

· non-hiding flows:

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Supported: 100rel 

Remote-Party-ID: "John Doe" <tel:+1-212-555-1111>;privacy=off

Anonymity: Off 

From: "Alien Blaster" <sip:B36(SHA-1(user1_public1@home1.net; time=36123E5B; seq=72))@localhost>; tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

Content-Type: application/sdp 

Content-Length: (…)

· hiding flows:

INVITE sip:user2_public1@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Supported: 100rel 

Remote-Party-ID: "John Doe" <tel:+1-212-555-1111>;privacy=off

Anonymity: Off 

From: "Alien Blaster" <sip:B36(SHA-1(user1_public1@home1.net;time=36123E5B;seq=72))@localhost>; tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

Content-Type: application/sdp 

Content-Length: (…)

These changes shall be applied to 24.228 during the general rework of the specification.

